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Abstract 
An undergraduate level laboratory course on digital signal processing (DSP) is described. The primary purpose of the laboratory 
is a better understanding of the theoretical concepts, and to let the students experience actual DSP happening in real-time, using 
real devices. The paper describes the experience of one institution in the teaching of applied signal processing. The paper will be 
of interest to those teaching DSP related courses at undergraduate level, such as Introduction to DSP, Real-time DSP, and the 
Fundamentals of DSP. The low-cost dsPICPRO4 DSP development kit is used as the fundamental tool in the laboratory 
experiments.  
© 2012 Published by Elsevier Ltd. 
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1. Introduction 
Laboratories are very important part of every engineering course. Students learn the complex theory in classes, and 
apply their knowledge into practise by using real equipment in laboratory sessions. For example, electronic 
engineering students learn the complex theory of transistor amplifiers in the classroom. Then they are given 
assignments in laboratories where they obtain the required electronic components and construct a transistor 
amplifier. Students then use real physical voltmeters, multimeters, and oscilloscopes to analyze the behaviour of the 
constructed amplifier circuit. In order to support theoretical concepts explained in classroom, laboratory sessions 
must be provided to reinforce this knowledge. According to Rickel [1], students retain 25% of what they hear, 45% 
of what they hear and see, and 70% if they use the learning-by-doing method. As most readers will know out of 
experience, the gap between learning the fundamentals in any subject and actually applying them is quite wide. 
Simulation is an alternative to real experiments. In most engineering teaching, theMatlab-Simulink [2] is the most 
widely used software simulation tool. In digital signal processing, students can develop, for example, digital filter 
algorithms using the Matlab and then observe the gain response and phase response of the filter by plotting graphs 
on a PC.  
The computer engineering undergraduate course at the Near East University, Cyprus, is a 4-year full-time course, 
including a one semester course devoted to DSP. The course initially consisted of only a theoretical part where 
students were thought the complex mathematical theory of signal processing. A limited amount of practical sessions 
were also included in later years using the Matlab package to simulate some aspects of DSP [3]. In recent years 
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practical laboratory sessions have been introduced to the course using a low-cost DSP kit, where students can now 
apply their theoretical knowledge into practice and see the actual DSP in operation. 
This paper describes the equipment used and the laboratory experiments carried out to teach the practical aspects of 
DSP to undergraduate students. 
2. Using a DSP Development Kit 
The first commercially available DSP chip, the TMS32010, was introduced by Texas Instruments in 1992. This chip 
incorporated special multiply-accumulate architecture and multiplication hardware to yield faster performance. 
Since then there has been major advances in the development of DSP chips [4], and today several DSP processor 
vendors (Texas Instruments, Analog Devices, Motorola, Lucent Technologies etc) are offering high-performance 
DSP processors. The choice of a DSP processor depends very much on the type of application and the tools 
available for development. The platform hosting the device is just as important, especially for educational purposes. 
In general, universities cannot afford to design platforms as this requires hardware design expertise, expensive 
specialised equipment, and high development costs. 
 
3. Digital Filters 
 
Figure 1 shows the block diagram of the digital filtering process. Digital filtering has specific characteristics that we 
need to pay special attention to [5]. The analog input signal must satisfy certain requirements. Furthermore, on 
converting an output digital signal into analog form, it is necessary to perform additional signal processing in order 
to obtain the appropriate result. 
 
3.1 FIR Filters 
 
FIR filters are digital filters with finite impulse response. They are also known as non-recursive digital filters as 
they do not have feedback and the filter output depends only on the present and pass inputs. The output samples of 
the FIR filter are computed as: 
 
 
     
        Figure 1.Digital filtering 
 
 
  
Where, x[k] are the filter input samples, h[k] are the filter coefficients, and y[n] are the filter output samples. The 
FIR filter transfer function can be expressed as: 
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The filter coefficients can be calculated analytically from the filter impulse response. There are many freeware and 
commercially available PC based computer programs that can be used to obtain these coefficients quickly and 
reliably. 
 
3.2 IIR Filters 
 
IIR filters are digital filters with infinite impulse responses. They are also known as recursive digital filters as they 
have feedback and the filter output depends not only on the present and pass inputs, but also on outputs. Some 
commonly used IIR digital filters are Butterworth, Chebyshev, Bessel, and so on. The transfer function of an IIR 
filter can be expressed as: 
 
 
 
Where, N is the order of the filter, b[k] and a[k] are the filter coefficients. The filter output samples can be 
calculated from the expression: 
 
 
 
 
4. A Typical Laboratory Session 
 
A typical laboratory session is given here where students are required to design and implement a low-pass FIR filter 
with the following specifications:First, students design and implement the filter using the Matlab package [3] and 
thus gain a knowledge of what type of response to expect from the real filter. Then, the filter is implemented in real-
time on a DSP development kit. The filter designed here has a sampling frequency of 20kHz, cut-off frequency of 
2.5kHz, and the order is 10. The Hamming window is used in the design. 
 
4.1 Design and Simulation Using Matlab 
 
The Matlab function fir can be used to obtain the coefficients of an FIR filter easily. To design an FIR filter with 
order 10, fs = 20kHz, and fc = 2.5kHz we have to use the following Matlab statement: 
 
 >> h = fir(10, 0.25) 
 
Where the second parameter is “fc / (fs / 2)”. i.e. 2.5 / (20/2) = 0.25. The fir function uses the Hamming Window by 
default. The filter parameters displayed by the above statement are given below: 
 
h[0] = -0.0039  h[10] = -0.0039 
h[1] = 0   h[9] = 0 
h[2] = 0.0321  h[8] = 0.0321 
h[3] = 0.1167  h[7] = 0.1167 
h[4] = 0.2207  h[6] = 0.2207 
h[5] = 0.2687 
 
The filter frequency and phase responses can be plotted using the Matlab function “freqz(h)”, which displays the 
filter response shown in Figure 2. Notice that the response is plotted with normalized frequency where the cut-off 
frequency is at 0.25. 
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  Figure 2  Frequency and phase responses of the filter 
 
4.2 Design Using a DSP Development Kit 
 
The kit used in our practical sessions is the dsPICPRO4DSP development kit, manufactured by mikroElektronika, 
and programmed using the mikroC PRO dsPIC30/33 C language. dsPICPRO4 is a low-cost DSP development kit 
that can be used in low-cost, low speed DSP applications, and especially in teaching the practical aspects of 
designing DSP systems. The reason for choosing this development kit was because the kit includes all the hardware 
needed for developing a DSP project, including A/D and D/A converters. In addition, the included software is fully 
integrated, where a template program is provided with the required filter coefficients and this program can easily be 
uploaded to the target DSP kit. 
Students develop the filter software using the mikroC PRO for dsPIC compiler. This is a C compiler developed 
specifically for DSP applications, using the dsPIC series of microcontrollers. The compiler has a filter design tool 
that can be used by students to generate the filter coefficients for FIR (or IIR) filters, and it also generates a template 
code that can be used as the basis for the actual filtering process. 
Figure 3 shows the filter design tool of the compiler with the required filter specifications entered. The filter code is 
obtained by clicking tab mikroC PRO. The filter coefficients are calculated automatically by the design tool and 
included in a “C” template file with the correct format. This file can easily be compiled and uploaded into the 
program memory of the target microcontroller via one of the compiler menu options. Students plot the frequency 
and phase responses of the designed filter in real-time using the Velleman PCSGU250 oscilloscope with Bode 
plotter and function generator, and this is shown in Figure 4. Finally, the block diagram of the laboratory setup is 
shown in Figure 5. The function generator and the Bode plotter are included within the same unit and are connected 
to a PC via the USB port. 
 
5. Conclusions 
 
This paper described a digital signal processing laboratory that is currently in use at the Near East University. One 
of the aims of the laboratory has been to teach the practical aspects of digital signal processing to students. The 
laboratory also serves the purpose of complimenting the mathematical theory with computer based applications. 
A survey carried out by undergraduate students (20 males, 4 females) showed that most of them found it easy to use 
the DSP kit (M = 96.2%), and also the majority (M = 94.8%) expressed that they learned the practical aspects of 
digital signal processing with the help of the laboratory sessions. 
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    Figure 3.  The filter design tool 
 
                                     
 
  Figure 4.  Frequency response of the designed filter in real-time 
 
 
 
 
 
 
 
 
 
 
Figure 5.  Block diagram of the laboratory setup 
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